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ABSTRACT 



Apparatus and method for shifting the frequency range of an 
audio frequency range signal using digital frequency shifting 
and single sideband amplitude modulation techniques. In 
one embodiment, a frequency shifted single sideband, 
amplitude modulated signal is formed for application to the 
human hearing sensory system to provide enhanced hearing 
for hearing impaired persons. In another embodiment, the 
audio signal is shifted to an ultrasonic frequency range 
utilizing digital signal processing techniques in which an 
audio frequency signal is frequency shifted by modulation to 
a carrier frequency and in which a single sideband modu- 
lated signal is formed. The digital single sideband amplitude 
modulation techniques of this embodiment are also appli T 
cable to digital modulation systems for uses other than in 
hearing aids. In another embodiment, analog single sideband 
modulation is utilized for frequency shifting in a hearing aid 
application. 

15 Claims, 3 Drawing Sheets 
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FREQUENCY TRANSPOSITIONAL HEARING is employed. As will be more fully explained below, it has 

AID WITH DIGITAL AND SINGLE been discovered that the physiology of the human sensory 

SIDEBAND MODULATION system is more responsive to a single sideband amplitude 

modulated signal than a double sideband amplitude modu- 

The present invention relates to hearing aids for the deaf 5 lated signal. The apparatus and method of the present 

and the hearing impaired and, in particular, to hearing aid invention also provide improved digital signal processing 

apparatus which utilizes a frequency transposition of signals apparatus and methods for deriving such a single sideband 

from the audio frequency range to another frequency range, amplitude modulated signal in an efficient manner with a 

such as the ultrasonic frequency range, and vibratory trans- high quality, virtually distortion free and noise free signal. In 

mission to the human sensory system of the frequency 10 forming such a high quality digital single sideband modu- 

shifted signals as a means of communicating with the human lated signal, the apparatus and method of the present inven- 

sensory system. The present invention also pertains to the tion function to eliminate signal anomalies which otherwise 

frequency shifting of audio frequency range signals from occur in the digital signal and which deteriorate the quality 

one frequency band to another whereby the audio frequency of the signal. Such improved apparatus and methods are 

signals are converted to frequency ranges representing 15 applicable to frequency shifting in hearing aids as well as 

"islands of hearing" in which the hearing perception of other applications as will be more fully explained below. In 

certain hearing impaired persons is more acute than at other one embodiment of the present invention where only the 

frequency ranges. The invention further pertains to a method upper sideband was utilized and the lower sideband was 

and apparatus for forming a digital single sideband ampli- suppressed by more than 60 dB, significant improvements in 

tude modulated signal. 20 performance in a hearing aid apparatus were realized. 

BACKGROUND AND PRIOR ART . ,n additio °' ,he a PPf , ! us 1 and method ° f the P n f n * 

invention utilize an all digital processing technique, which 

A hearing aid system of one general type to which the 0 ff ers advantages in providing freedom from problems cam- 
present invention relates is disclosed in U.S. Pat. No. mon to analog systems such as drift, temperature dependent 
4,982,434 — Lenhardt et al. In the referenced patent, there is 25 characteristics and changes in parameters and characteristics 
disclosed a hearing aid system which utilizes such shifting w i tn age . I n the apparatus and method of the present 
of signals from the audio frequency range to the ultrasonic invention, a digital single sideband amplitude modulated 
frequency range (referred to as "supersonic" frequency s i gna i IS formed in which certain signal anomalies which 
range in the patent), conversion of the shifted ultrasonic otherwise cause deterioration in the quality of the signal are 
signal to a vibratory signal, and physical application of the 30 virtually eliminated, thus producing a high quality single 
vibratory signal to the human body for communication with sideband amplitude modulated signal in digital form, 
the human sensory system. In one embodiment of the The digital system of the present invention thus provides 
invention as disclosed in the referenced patent, an audio a h{ h u - j which is distortion free and 
frequency signal is amplitude modulated onto an ultrasonic Qoise free Jn additiorij the all processing system of 
carrier signal for conversion to a vibratory signal and 35 the prese nt invention allows mechanization of the functions 
application to the body In that embodiment, amplitude ofthesystem in ara0 re flexible design environment in which 
modulation is carried out by utilizing the analog audio signal diffefent parametcrs of the signal pr0CC ssing procedures may 
as the modulating signal to modulate an analog ultrasonic be adjusted for optimum performance . Further, mechaniza- 
carner signal. In such a modulation system, an amplitude tion of afld modificatioDS t0 the signal pr0C essing 
modulated signal with double (upper and lower) sidebands 40 algorithmS( includirjg customization of the same for special 
is derived. applications, can be implemented through software and 

The referenced system has provided excellent results in firmware and through relatively easy to make changes in 

permitting the severely hearing impaired and even otherwise these elements. 

totally deaf persons to sense and understand audio frequency ^ t invention also ovides an melhod 

communications It is an object of the present invention to 45 ^ ^ fof audiometric & ocies from 

provide even further improvements in systems of the afore- (he normal ^ tQ o(hcr fr bands such as 

menuoned type and to provide as well improved apparatus (Q M | cqu t ncv band , and , iD ' the proccs5 of 

and methods for shifting the frequency of audio frequency translation from onc frequcnC y band t0 another> of adjusting 

signals from one frequency band to another to improve the ^ bandwid , h of the audiomctric signal . For example> when 

hearing response of hearing impaired persons who have a 50 ^ audiome(ric sj , is [rans , a(ed t0 a w hef f 

more acute hearing response m a frequency range which such as , 0 an uUfasonic f the bandwidth of lhe 

differs from the norcnal response in the audio frequency audiome , ric si , can be ded t0 ide , , er 

range. It is also an object of the present invention to provide f for ^ MmBttSoa si al at the m her 

improved dig.ta apparatus and methods tor single sideband ^ will 5e beneficial for 

some users in provid- 

amplitude modulauon for hearing aid applications as well as 55 & ^ ^ ^ „ oliceMe diffef . 

other applications. Such digital frequency shifting may be ence> . ^ Qf ^ hearf mechanism at lhe higher 

either up or down in frequency from the normal audio freouencv ranee 

frequency range and may be into the ultrasonic range as well ^ , , . f ' , . . .„ 

into other frequency ranges depending upon the hearing . Other objects and advantages of the present .nvenhon wdl 

response characteristics of the subject. 60 be apparent from the detailed description which follows, 



taken in connection with the accompanying drawings. 
BRIEF DESCRIPTION OF THE DRAWINGS 



SUMMARY OF THE INVENTION 

The present invention provides further improvements in 

systems of the aforementioned type by providing a digital FIG. 1 is a block diagram of one embodiment of the 

system for shifting the frequency of audio signals. 65 system of the present invention; 

In one embodiment thereof, an apparatus and method in FIG. 2 is a more detailed block diagram of one embodi- 

which amplitude modulation utilizing only a single sideband ment of the system of the present invention; 
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FIG. 2 A is a block diagram of a modified portion of the Where: 
embodiment of FIG. 2 showing a modification to provide for 
signal processing of the audio frequency signal as it is 
frequency upshifted; and 

FIG. 3 is a graphical representation of signal magnitude as 
a function of time illustrating the digital interpolation func- 
tion embodied in the present invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 



t 


is time 


Xc(t) 


is the modulated frequency 




upshifted signal 


5(0 


is the audio signal 12 


x(t) 


is x(t) shifted by 90° 




is the carrier or upshift frequency 




in radians/sec. 



Referring now to FIG. 1, there is shown a system block 11 wiu be observed from equation (1) that the elements of 

diagram of one embodiment of the present invention in the equation must be computed and the operations per- 

which a transducer 1 transposes an audio frequency airborne f ° rn ? ed f accordance with the equation to yield the single 

signal, such as a voice signal 11, into an analog electrical 15 sideband modulated upshifted signal Xc(t) As set forth in 

signal 2. The voice signal 11 may also, of course, be any f c * uatl0E l <$ *<9 15 f n u ?P er ^eband modulated signal A 

j. r • c -1 I • * * c lower sideband signal may instead be formed by usine the 

audio frequency information signal containing lntormation ■ . *u *• i i *■ u- c *u i * 

, . , t • i r i-f r appropriate mathematical relationship of the elements. Thus, 

of any kind represented in the form of audio frequency in accordancc with thc nt invc y ntion , thc signal Xc (t) 

signals intended to be communicated to a human subject. may be singJe sideband modulated utilizing cithcr the upper 

In order to perform the frequency conversion or shift in a 20 or the lower sideband. As noted above, in the embodiment 

digital format, the analog audio frequency signal 2 is first presented, the signal Xc(t) is modulated with the upper 

converted into digital form by means of an analog to digital sideband. 

converter 3 to yield a digital audio frequency signal 4. In order to perform in a digital format the operations as set 

— L i forth in equation (1), the analog audio frequency signal 12 

Tlie digital audio frequency signal 4 is then transposed or 25 ^ fifSt J^ttod into digital form by means of an analog to 

converted to a translated digital signal 6 at a different digital converter 14 to yield a digital audio frequency signal 

frequency by digital frequency shifter 5. Digital frequency 16 The signal 16 fe transformed by a phase shifter 18 int0 

shifter 5 may operate using various known digital frequency a paif of signalSj one of which remains the original sigQal 16 

conversion or shifting techniques. Such techniques include and the Qther of which fa a gQ o pha&e shif(ed sigflal 2Q ^ at 

amphtude modulation of a earner signal and "Fast Fourier 3Q ^ signal 16 at tfae output of the phase smfter 18 is the dighal 

Transforms" to derive numerically the Fourier transforms of audio signal x(t) and the signal 20 ^ the 9fJ o phase shified 

the component frequencies of a signal for enabling fre- signal £(t) 

quency translation and other operations to be performed. In tQe embodiment illustrated in FIG. 2, the phase shifter 

Translated digital signal 6 is converted into an analog 18 is a Hilbert transform phase shifter, which is well known 

signal 8 by a digital to analog (D/A) converter 7. The analog 35 in _the_ art. In the embodiment shown in FIG. 2, the phase 

output signal 8 is then applied to a transducer 9 which t%hifter-18.usedT ?9,9-,t^ 

generates a mechanical vibration signal 9a responsive to the CIwitEHilrJertTtrans^^ amount of the phase 

analog signal 8 for application in the form of vibrations shift is exactly 90°. However, the~amr ^Me^flrir ^jsr| 

through an applicator 38 to the human sensory system such ^-shifted signal varies as a function of-frequency. As is the case 

as a body portion 39. 40 with any complex~signal"the~signal"16, x(t), typically 

In general the digital frequency shifter 5 performs the contains a number of frequency components. To maintain a 

function of multiplying the digitized audio signal 3, by a hi S h de g ree level of l ™ Gt sideband suppression of the 

transfer function to shift the signal to a different frequency. sin S le Sldeband modulated signal Xc^t), the balance between 

The transfer function may also expand, contract or maintain the . tw0 terms on lne n *t hand side of equation (1) must be 

the bandwidth of the original signal. 45 maintained. 

In order to maintain this balance, the amplitude variations 

Referring now to FIG. 2, there is shown a more detailed of the phase shifted signal ^ (t) must be mmimized , ^ e 

system block diagram of one embodiment of the present amount of the variation ^ a faction of the sampling 

invention in which a transducer 10 transposes an audio f requency which is used to digitize the analog signal 12. In 

frequency airborne signal, such as a voice signal 11, into an 50 addition> such variations in amplitude are milder in the 

analog electrical signal 12. The voice signal U may also, of rcgion whcrc mc input signal frcqucncy ^ closcr t0 thc 

course, be any audio frequency information signal contain- Nyquist rate (i.e., one-half the sampling frequency), 

ing information of any kind represented in the form of audio ^ sampung rate 0 f the A/D converter 14 is selected 

frequency signals intended to be communicated to a human dependent on the bandwidth of the input audio signal 12. In 

subject. 55 a telephone conversation, the speech signal is treated as 

For the purposes of the present invention, the analog having a bandwidth of 300 Hz to 3 kHz. In high fidelity 
audio frequency signal 12 is to be upshifted in frequency by audio systems, music is typically treated as having a band- 
means of amplitude modulation to a higher frequency carrier width of 15 Hz to 20 kHz. In the embodiment of the 
signal which, in the embodiment of FIG. 2, is preferably an invention herein presented, f sjgrml~l ^is~assumed^to~be"a> 
ultrasonic frequency carrier signal. The analog audio fre- 60 ^speech sig narwith~a bandw idtrrof^^ 
quency signal 12 may be represented as a function of time ^kHzrBasej'on'this as^ugpt[g7asagipling rate = ol^:0 kHsfo 
as x(t) and the carrier signal as co c . To form directly an upper £T wia£^sen-io-di^ 
sideband modulated signal Xc(t) in which the carrier a) c is ^^^Sl^sp^ 0 !^^ 
modulated by x(t), the following mathematical relationship Q(Hgj^jg^^ 
applies: ss^wjiicb^prcduces-^tpuUsi 

psupplied to^m^tal]mo^ator-28-for-ampJ_tudemodu larlKn 1 

Xc(t)=x(0cos o>j-Jt(t)sin (1) l^o&the^arrier -or^upsjnf^^ 
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de .-modiJated-cfie-M ^i il ^ -signal 30 is^ 

producedjjy't^ 
/".signaOO^isx&hverted-^^^^^ 

f 'to analog (D/Aj converter^4rThe 4nalog;output^ig^l32?is'6^ 
r. trJen "applM^ 
y^m^cBa^^^jj^ 

V; , ^f&£^^ appHeator 38 z in"the"formVf 

- - - ^ - — - "V? 



^vibrations-to^the-human^serisory^system such as | ba 

The mechanical vibration signal applied by the applicator 10 
38 to the body portion 39 may be of any physical form 
suitable for application to the human body to create a 

physical stimulus and^ay_muiTi^luM^®^^^^Sii3 
^^v£pulsAtion 

^^y3he^ppJ[ieatoi38 to physically impact the target portion 15 
of the body to which the vibratory signal is to be applied. For 
example, the applicator 38 may be in the form of a speaker 
which creates physical vibrations in the air, which vibrations 
are transmitted in wave form through the air to impact a 
selected portion of the body which has been determined to 20 
be responsive to physically applied vibrations. In such a 
case, the vibrations are directly physically applied to the 
selected portion of the human body by means of the inter- 
action with and the resultant vibratory impact on the selected 
human body portion of the frequency shifted vibrations 25 
transmitted as waves through the air as a medium. The terms 
"applicator" and "applicator means" as used herein include 
all such apparatus. 

A system clock signal 50 is generated by a clock 52 
which, in the embodiment presented, includes a 10 MHz 30 
crystal oscillator for generating a base frequency. The sam- 
pling rates of the phase shifter 18, the digital interpolator 22 
and the digital modulator 28 are controlled by a sampling 
system 60, which is supplied with the clock signal 50 by the 
clock 52 and which generates sampling signal timing inputs 35 
62, 64 and 66 respectively for these elements. 

The digital interpolator 22 performs an important function 
in eliminating signal anomalies, particularly intermodula- 
tion products, as will now be explained. 

In the embodiment of FIG. 2, the frequency of the 40 
frequencyiiDstnfti 
^sontj |l^ju^ herein, thelerm 

^Hiltrasomc'-te^ are above the nor- 

mal human hearing range, the upper limit of which is 
generally accepted to be about 20 kHz. The carrier itself is 45 
a periodic signal preferably of a sinusoidal shape. The 
frequency of the frequency upshifting carrier signal may be 
selected at a frequency other than in the ultrasonic range if 
it is desired to shift the frequency of the audio signal to 
another frequency range, even within the normal audio 50 
range, using the apparatus and methods of the present 
invention. 

As noted above, the sampling rate of the A/D converter 14 
for an input bandwidth of 300 to 5,000 Hz was selected at 
14.0 kHz for the embodiment of FIG. 2. Since a carrier 55 
frequency of 28 kHz was selected, the sampling rate at the 
out PJ^9JLt^di^^lmodulator must be at least equal to the 
^§rl?r^^^feyrfa^81M^In order to obtain a low 
disTSrfion signal without the need for a high performance 
analog filter, an effective output sampling rate from the 60 
digital interpolator 28 of about 112 kHz, four times the 
carrier frequency of 28 kHz, was selected. The basis for that 
selection will now be explained. 

Because of the substantial differences between the sam- 
pling frequency rates at the input and output as described 65 
above, a multi-rate digital signal processing system is 
employed in the embodiment of FIG. 2. Sampling the input 



signal at a different rate than the output signal results in 
various anomalies associated directly with digital signal 
processing and the resulting intermodulation products. 
These fall into two distinct problem areas. 

The first of these relates to audio intermodulation prod- 
ucts of the sampled input signal and the sampled carrier 
signal at the output, which appear in the form of audio 
signals. Such audio signals can not only deteriorate the 
performance of the digital single sideband modulator 28 but 
can also have a detrimental effect on the performance of the 
hearing aid system by, for example, interfering with the 
performance of the transducer 36. 

The following is a mathematical analysis of the afore- 
mentioned audio intermodulation products. The sample 
speech signal 16 may be represented as: 



(2) 



where: 





is the harmonic number of the 




sampling frequency 




u. 


is the sampling frequency of the 






input signal 






is the signal frequency 




The sampled carrier may be represented as: 






...) 


(3) 


where: 








is the harmonic number of the 






sampling frequency of the carrier 






signal 






is the sampling frequency of the 






carrier signal 






is the frequency upshifting carrier 






signal frequency 





Equations (2) and (3) may be combined to take into 
account the effects of modulation. The following expression 
is a representation of all frequency components resulting 
from the modulation of l c by i si 



When using the fundamental carrier frequency (i.e., 
n c =0), if the condition 



(5) 



is satisfied, a spurious intermodulation signal appears at the 
output with its frequency equivalent to (i.e., the input 
signal), namely: 

fvut"ftl% 

In the ultrasonic hearing system, this audio output signal 
translates to a distortion and causes a deterioration in 
performance of the system as well as in the performance of 
the output transducer 36. 

In the present invention, the appearance of this signal is 
avoided by selecting the carrier frequency f c and the sam- 
pling frequency of the input signal such that f c is not an 
integral multiple of the sampling frequency of the input 
signal. For example, if the sampling frequency were to be 
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selected at 14 kHz, that is f«=14 kHz, a carrier frequency of 



28 kHz, or any other integer multiple of f„, must be avoided. 

The second anomaly consists of lower sideband inter- 
rnodulation products. From the discussion above, it has been 
determined that the sampling frequency of the input signal 
should be larger than the frequency upshifting carrier signal 
frequency. Since the embodiment presented is a digital 
system, "larger" may not be less than two. Thus: 



satisfies this requirement. 

Again, using equation (4) with: 



and 



(6) 



it can then be said: 



-fc+We-U-fc-f* 



(7) 



of time. Sampling points 42 and 44 represent the points 
sampled at the sampling rate of the A/D converter 14. The 
interpolator functions to derive interpolated values 46 
between the sampled points 42 and 44 using a suitable 
interpolation algorithm, a number of which are well known 
in the art. 

In order to increase the effective sampling rate to eight 
times that of the A/D converter 14, seven intermediate 
interpolated sampled values 46 are inserted between sam- 
10 pling points 42 and 44, so that eight sampling points are now 
effectively attained for each one original sampling point of 
the A/D converter 14. While any suitable interpolation 
algorithm may be used, in the embodiment of FIG. 2 a 
so-called "spline" interpolator, well known to those skilled 
15 in the art, is utilized as the digital interpolator 22. The 
interpolated sampled values 46 are calculated from the 
interpolation algorithm in this case using 136 consecutive 
sampling points of the A/D converter 14. 
The interpolator 22 thus functions to insert seven inter- 
20 polated sampled values between each pair of sampling 
points of the A/D converter 14, thereby multiplying the input 
sampling frequency by a factor of eight and attaining an 
effective sampling rate of eight times that of the input signals 
16 and 20 to the interpolator 22. For the embodiment 

is precisely in the region which must be eliminated in" ordei 25 Presented the effective input sampling frequency of the 

signals 24 and 26 at the input to the digital modulator 28 is 
thus 112 kHz for a sampling frequency of 14 kHz of the A/D 
converter 14. 

Selection of the various frequencies in accordance with 
30 the foregoing principles avoids the occurrence of the above - 
described anomalies in the output signal. It is to be 
understood, of course, that any suitable ultrasonic carrier 
frequency other than that used for the purposes of describing 
the present embodiment may be selected and that the sam- 
pling rates for the functions of the interpolator 22 and the 
digital modulator 28 may then be made accordingly based 
on the teachings set forth herein. Because of the advantages 
which are attained from the avoidance of these anomalies, 
the digital modulation apparatus and method of the present 
40 invention are also applicable as well to digital modulation 
systems other than those intended for use in hearing aids. 

The transducer 36 generates a mechanical vibratory out- 
put signal 38 which is physically applied through applicator 
38 to a portion of the human body 39 for transmission within 
of the Hilbert transform algorithm, the performance of the 45 the body to sensory elements capable of extracting the 
phase shifter 18 is not as good as in the case where the modulated audio frequency signal information. As used 
sampling rate is lower. herein, the term "information" includes "speech" as well as 

Accordingly, in the embodiment of FIG. 2, the Hilbert other forms of information represented by audio frequency 
Transform is performed in Hilbert transform phase shifter 18 signals such as tonal patterns and/or multi-tone signals and 
at the much lower frequency of 14 kHz and the effective 50 the like or even music to the extent that such signals fall 
sampling rate of digital signals 16 and 20 is then increased within the normal audio frequency range which has an upper 
by digital interpolation before the signals are present to limit of about 20 kHz. As pointed out in the above referenced 
digital modulator 28. In the present embodiment, the fre- U.S. Pat. No. 4,982,434, it has been discovered that the 
quency of the input waveform of signals 24 and 26 to the human sensory system is capable of sensing and extracting 
digital modulator 28 is selected to be eight times the initial 55 information present in such audio frequency signals when 



Equation (7) is descriptive of a lower sideband intermodu- 
lation product. The lower sideband intermodulation product 



to arrive at an upper sideband modulated signal with a highly 
suppressed lower sideband. The effect just described is 
therefore highly undesirable. 

This result is avoided in the present invention by selecting 
the ratio of the input sampling frequency f„ to the carrier 
frequency f c to an even larger value of four, so that equation 
(6) then becomes: 



(8) 



35 



According to equation (8), for the embodiment of the 
present invention illustrated in FIG. 2, where the carrier 
frequency t c of the frequency upshifting carrier signal was 
chosen at 28 kHz, the input sampling rate f,, should be equal 
to 112 kHz, i.e., four times the carrier frequency f c . 

However, at an input sampling rate of 112 kHz, the 
performance of the required phase shift requires significant 
processing power. A lower sampling frequency for the input 
signal is therefore desirable. In addition, due to the behavior 



sampling frequency of 14 kHz, that is, 112 kHz. 

The function of increasing the effective sampling rate is 
performed by the digital interpolator 22. The digital inter- 
polator functions to insert between the sampling points of 
the sampled input signals 16 and 20 additional sampled 
value points derived by way of interpolation so that the 
effective sampling rate is thus increased. In the embodiment 
shown in FIG. 2, the effective input sampling rate at the A/D 
converter 14 is increased by a factor of eight times the input 
sampling rate to the digital interpolator 22. 

The effect of this process is shown in FIG. 3 in which a 
portion of a sampled waveform 40 is illustrated as a function 



such signals are upshifted in frequency to the ultrasonic 
frequency range, such as by means of modulating an ultra- 
sonic carrier with such audio frequency signals, and applied 
to the body in the form of a mechanical vibratory signal. 
60 In the present invention, an ultrasonic carrier signal is 
amplitude modulated with such audio frequency signals with 
one sideband being suppressed to form a single sideband 
amplitude modulated signal. As pointed out above, it has 
been discovered that an amplitude modulated single side- 
65 band ultrasonic signal is more effective in this type of 
hearing aid apparatus than a double sideband signal of the 
prior art. In addition, the performance of the modulation 
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functions by digital signal processing yields other advan- 
tages as well, as is also pointed out above. In the embodi- 
ment of FIG. 2, and using the techniques disclosed herein for 
suppression of anomalies, the lower sideband was sup- 
pressed to better than 60 dB and significant improvements in 5 
performance were realized. 

The present invention may also be utilized in the digital 
mode to form a double sideband amplitude modulated 
signal. This can be done by utilizing the embodiment of FIG. 
2 without the phase shifter 18 with the single signal 16 being 10 
supplied to the digital modulator 28 to form a double 
sideband amplitude modulated signal. In this embodiment, 
the digital interpolator 22 can still be used to increase the 
effective sampling rate of the A/D converter 14. 

In another embodiment of the present invention illustrated 15 
in FIG. 2 A, the electrical audio signal 12 is processed 
through a signal processor 13 to form a processed signal 16a 
for delivery to the Hilbert transform phase shifter 18. The 
signal processor 13 functions to improve the quality of the 
audio signal 12, such as by filtering out noise components 20 
and other disturbances and performing other signal process- 
ing functions. The remainder of the circuit of FIG. 2 A is the 
same as and operates in the same manner as the embodiment 
shown in FIG. 1. 

The signal processor 13 also functions in selected appli- 25 
cations to expand the bandwidth of the audio frequency 
information signal as it is shifted to a higher frequency range 
in order to provide a wider difference in the frequency 
bandwidth of the audio information signal relative to the 
shifted frequency for purposes of facilitating detection of 30 
"just noticeable differences" between the adjacent frequen- 
cies in the information signal. The signal processor 13 thus 
produces an expanded bandwidth signal 16a in such appli- 
cations. It has been found that such expansion in frequency 
bandwidth of the audio frequency information signal facili- 35 
tales better detection of the frequency differences in the 
information signal at the shifted higher frequencies for some 
users of the hearing aid equipment. The amount of the 
bandwidth expansion can be selected to optimize the 
response in individual cases. 40 

The expansion of the bandwidth of the audio frequency 
information signal is preferably effected before the fre- 
quency shift of the information signal to the higher fre- 
quency range. Where the frequency shift is effected by 
amplitude modulation of a higher frequency carrier signal, 45 
the bandwidth of the audio frequency information signal is 
expanded prior to the modulation of the carrier. 

The expansion of the bandwidth of the audio frequency 
signal information signal may be effected by techniques 
known in the art. Examples of such techniques are shown in 50 
U.S. Pat. No. 4,419,544— Adelman and U.S. Pat. No. 4,051, 
331 — Strong. As disclosed in the referenced Adelman 
patent, harmonic transposition of frequencies from one 
frequency band to another is accomplished by selective 
multiplication or division of all component frequencies by a 55 
constant value. Such bandwidth expansion may also be 
accomplished by means of "Fast Fourier Transforms" to 
derive numerically the Fourier transforms of the component 
frequencies of the audio frequency signal for enabling 
frequency translations to be performed in a well known 60 
manner such as described in the aforementioned Adelman 
and Strong patents. 

Such Fast Fourier Transform techniques are described, for 
example, in the book "Introduction to Communication Sys- 
tems" Second Edition, by Ferrel G. Stremler, published in 65 
1982 by Addison -Wesley Publishing Company, dealing with 
Fast Fourier Transform (FFT) techniques. As noted on pages 



136-141 of the aforementioned book, the commonly used 
Cooley-Tukey FFT algorithm computes N discrete fre- 
quency components from N discrete time samples of a 
signal, where N is any selected number which is an integer 
power of 2. The specifics of the FFT techniques using this 
algorithm are described in detail in the referenced portion of 
the text, the subject matter of which is incorporated herein 
by reference. 

It is to be understood that the embodiments set forth 
herein are described in detail for purposes of providing a full 
and complete disclosure of the best mode of the present 
invention and of practicing the same, and that such detailed 
disclosure is therefore not to be interpreted as in any way 
limiting the scope of the present invention as defined in the 
appended claims. Various modifications and substitutions 
falling within the scope of the teachings set forth herein and 
within the scope of the appended claims will therefore occur 
to those skilled in the art. 

What is claimed is: 

1. A hearing aid apparatus for receiving and transmitting 
to the human sensory system information contained in an 
audio frequency signal for enabling human sensing of infor- 
mation contained in said audio frequency signal, compris- 
ing: 

first transducer means for receiving and converting an 
audio frequency sound signal into an audio frequency 
electrical signal; 

analog to digital converter means for converting said 
audio frequency electrical signal to a digital audio 
frequency electrical signal; 

frequency shifting means for shifting the frequency band 
of said digital audio frequency electrical signal from its 
original frequency band to a different selected fre- 
quency band to form a digital frequency shifted elec- 
trical signal, including modulation means for modulat- 
ing said digital audio frequency electrical signal onto a 
carrier signal to form said digital frequency shifted 
electrical signal, and means for forming a digital single 
sideband amplitude modulated frequency shifted signal 
from said digital frequency shifted electrical signal; 

digital to analog converter means for converting said 
digital single sideband amplitude modulated frequency 
shifted electrical signal to an analog frequency shifted 
electrical signal; 

second transducer means for converting said analog fre- 
quency shifted electrical signal into a sensory signal for 
application to a portion of the human body; and 

applicator means for applying said sensory signal to the 
human sensory system through physical interaction 
with the human body. 

2. A hearing aid apparatus as set forth in claim 1 wherein 
said different selected frequency band is an ultrasonic fre- 
quency band. 

3. A hearing aid apparatus for receiving and transmitting 
to the human sensory system an audio frequency signal for 
enabling human sensing of information contained in said 
audio frequency signal comprising: 

first transducer means for receiving and converting an 
audio frequency sound signal into an audio frequency 
electrical signal; 

analog to digital converter means for converting said 
audio frequency electrical signal to a digital audio 
frequency electrical signal; 

digital modulation means for amplitude modulating said 
digital audio frequency electrical signal onto an ultra- 
sonic frequency electrical carrier signal to form a 
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digital amplitude modulated electrical signal having 
two sidebands, including means for suppressing one of 
the sidebands of said digital amplitude modulated elec- 
trical signal whereby said digital amplitude modulated 
electrical signal is formed as a digital single sideband 
amplitude modulated electrical signal; 
digital to analog converter means for converting said 
digital single sideband amplitude modulated electrical 
signal to an analog amplitude modulated electrical 
signal; 

second transducer means for converting said analog 
amplitude modulated electrical signal into a sensory 
signal for application to a portion of the human body; 
and 

means for applying said sensory signal to the human 
sensory system through physical contact with the 
human body, 

4. A hearing aid apparatus for receiving and transmitting 
to the human sensory system an audio frequency signal for 
enabling human sensing of information contained in said 
audio frequency signal comprising: 

first transducer means for receiving and converting an 
audio frequency sound signal into an audio frequency 
electrical signal; 

analog to digital converter means for converting said 
audio frequency electrical signal to a digital audio 
frequency electrical signal at a selected base sampling 
frequency of said analog to digital converter means; 

digital interpolator means for increasing the effective 
sampling frequency of said digital audio frequency 
electrical signal to a frequency higher than said base 
sampling frequency to thereby form an increased sam- 
pling frequency digital audio frequency signal; 

digital modulation means for amplitude modulating said 
increased sampling frequency digital audio frequency 
electrical signal onto a frequency upshifting electrical 
carrier signal to form a digital amplitude modulated 
electrical signal; 

digital to analog converter means for converting said 
digital amplitude modulated electrical signal to an 
analog amplitude modulated electrical signal; 

second transducer means for converting said analog 
amplitude modulated electrical signal into a vibratory 
signal; and 

means for applying said vibratory signal to the human 
sensory system through physical contact with the 
human body. 

5. A hearing aid apparatus as set forth in claim 4 wherein 
said frequency upshifting electrical carrier signal is an 
ultrasonic frequency signal. 

6. A bearing aid apparatus as set forth in claims 4 or 5 
wherein said digital modulation means includes means for 
suppressing one of the sidebands of said digital amplitude 
modulated electrical signal whereby said digital amplitude 
modulated electrical signal is formed as a digital single 
sideband, amplitude modulated electrical signal. 



25 



7. A hearing aid apparatus as set forth in claim 4 including 
means for setting the increased effective sampling frequency 
of said digital modulator means to a frequency higher than 
the frequency of said ultrasonic frequency electrical carrier 

5 signal. 

8. A hearing aid apparatus as set forth in claim 7 wherein 
said increased effective sampling frequency of said analog to 
digital converter means is an integer multiple of the fre- 
quency of said ultrasonic frequency electrical carrier signal. 

10 9. A hearing aid apparatus as set forth in claim 8 wherein 
said integer multiple of the frequency of said ultrasonic 
frequency electrical carrier signal is four or greater. 

10. Apparatus for forming a digital single sideband ampli- 
15 tude modulated signal modulated with a modulating signal 

initially in analog form comprising: 

analog to digital converter means for converting said 
analog signal to a digital signal at a selected base 
sampling frequency of said analog to digital converter 
20 means; 

digital interpolator means for increasing the effective 
sampling frequency of said digital signal to a frequency 
higher than said base sampling frequency to thereby 
form an increased sampling frequency digital signal; 
digital modulation means for amplitude modulating said 
increased sampling frequency digital signal onto a 
carrier signal to form a digital amplitude modulated 
electrical signal; 
3 0 said digital modulation means including means for sup- 
pressing one of the sidebands of said digital amplitude 
modulated electrical signal whereby said digital ampli- 
tude modulated electrical signal is a digital single 
sideband, amplitude modulated electrical signal; and 

35 means for setting the sampling frequency of said 
increased sampling frequency of said digital interpola- 
tor means to an effective sampling frequency higher 
than the frequency of said carrier signal. 

11. Apparatus for forming a digital single sideband ampli- 
40 tude modulated signal as set forth in claim 10 wherein the 

frequency of said increased sampling frequency digital 
signal is an integer multiple of the frequency of said carrier 
signal. 

12. Apparatus for forming a digital single sideband ampli- 
45 tude modulated signal as set forth in claim 11 wherein said 

integer multiple is four or greater. 

13. A hearing aid apparatus as set forth in claims 1, 3, 4 
or 10 further comprising a signal processor for modifying 
said audio frequency electrical signal to improve the clarity 

50 of perceived hearing of the user. 

14. A hearing aid apparatus as set forth in claim 13 
wherein said signal processor includes means for adjusting 
the bandwidth of said audio frequency electrical signal. 

15. The hearing aid apparatus of claim 14 wherein said 
55 bandwidth adjusting means includes means for expanding 

the bandwidth of said audio frequency electrical signal. 
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